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@ Improvements In and relating to communications systems. 

@ A noise cancelling system comprises two conventional 
noise cancelling microphones (1,2) spaced apart by a distance 
of up to 1 0 cms with use of the microphones (1 ) being arranged 
to be close to the mouth of a user for reception of speech and 
the other (2) spaced therefrom and used as a reference micro- 
phone. The signals from the microphone are processed by 
means (7) which use a batch of signals derived from the refer- 
ence microphone (2) to modify a signal derived from the speech 
microphone in accordance with the Widrow algorithm known 

01 'n the art. This system enables effective noise cancellation to 

^ be achieved with a delay of only 0.1 sec. 
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Improvements in and relating 
to communications systems 

The present invention relates to improvements 
in communications systems and specifically to improving 
the signal to noise ratio of* the speech' output of* a 
speech transmitting system which is to be used in the 
5 presence of loud acoustic noise* 

It is known to provide a speech transmitting 
system with an enhanced speech to noise ratio which 
comprises at least two conventional spaced microphones 
wliich are arranged so that one microphone receives the 
speech to be transmitted together with acoustic noise 
and the other microphone or microphones are sufficiently 
spaced from the one microphone, for example by at least 
300 cm, so that they receive noise but no or sub- 
stantially no speech. The noise received by the micro- 
15 phones is related but to an undefined, and in general 

undefinable, extent because of the spacing of the micro- 
phones* 

The signals from all of the microphones are 
sampled at predetermined intervals and those from the 

20 other microphones are used to provide signals which are 
the approximate inverse of the noise component of the 
signal from the one microphone* The two sets of sample 
signals are then summed to produce output sample signals 
from which the noise has been removed to .a substantial 

25 extent* An error signal is derived from the output signal 
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samples which is fed back to modify the computations 
made on the signal samples from the other microphones 
. in a direction to improve the speech to noise ratio at 
the output* 

5 In one known system, the computations performed 

on the signal samples from the other microphones are as 
set out in an article entitled "Adaptive noise can- 
celling: principles and applications" by Widrow et al 

published in Volume 6** N« 19 x. 

OAame D ->« Wo * * 2 of the proceedings of the 

10 IEEE. 

As set out therein, and considering a system 
using two microphones, the signals from the two micro- 
phones are passed through band pass filters to remove 
frequencies outside the frequencies in speech and are then 
15 sampled at a predetermined frequency. For each sample 

from the one microphone (which receives noise and speech) , 
a group of samples from the other microphone are selected 
and multiplied by weighting factors, summed and inverted 
and then subtracted from the one sample from the one 
microphone. The number of samples necessary in the group 
increases with increase in spacing of the microphones, 
for the same level of speech to noise ratio improvement. 
For example in known systems at least lOO samples are 
taken for any group and the computations made on those 
25 10O samples. 

Systems of this type have particular applica- 
tion in for example aircraft or helicopter cockpits, 
engine rooms, flight decks, machine shops and areas around 
noisy machinery, and for the majority of uses it is 
30 essential that the output signal from the system appears 
with a time delay which will not be appreciated by the 
speaker, i.e. in less than about 0.1 second. With 
presently available electronics, this means that the 
electronic equipment required for processing the signals 
35 from the microphones and producing an output signal has 
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to be bulky and therefore expensive and produces a 
system which requires a substantial amount of space 
for its installation and is certainly not portable. 

In some of the possible uses of such a system, 
5 e.g. aircraft cockpits, flight decks, space is at a 
premium and there is in general no spare space for the 
installation of such a system* In other potential uses, 
such as machine shops, areas around noisy machinery etc., 
it is essential that the system be portable* 

1° According to the present invention, there is 

provided communications apparatus comprising at least two 
microphones each having a good near field response and a 
poor far field response, one of which is arranged to 
receive speech and the or each of the other microphones 

15 is arranged relatively close to the one microphone but 

sufficiently spaced or arranged relative thereto that it 
receives no or substantially no speech, the outputs of 
the microphones being connected to circuitry for producing 
an output signal having an enhanced speech to noise ratio, 

20 Microphones which have a good near field 

response and poor far field response are generally known 
as noise cancelling microphones and were developed to 
provide an output which has an improved speech to noise 
ratio. However, while the ratio is better than for con- 

25 ventional microphones, it has been found impossible to 
improve it beyond a certain level. Because of the 
characteristics of such microphones, their response to 
speech reduces rapidly with distance so that speech will 
not be received, or not to any substantial extent, by such 

30 a microphone which is spaced only a small distance, for 

example of the order of 10 cm, from the source of speech. 
This particular characteristic is not of course used 
directly in conventional use of such microphones but is 
of paramount importance to the invention of this applica- 

35 tion because it means that the microphones can be placed 
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close together, for example of the order of 3.5 cm apart. 

The effect of reduction in the spacing of the 
microphones produces a dramatic effect when considering 
the electronic circuitry and the computations which are 
required to be done by the system; these can be reduced 
by a factor of the order of IO for the same improvement 
in the speech to noise ratio at the output. 

In effect, because of the reduction in the 
spacing of the microphones, the number of signal samples 
from the or each other microphone which has to be used to 
produce a signal for cancelling the noise part of the 
signal samples from the one microphone can be reduced by 
a factor of the order of 10* 

The consequences of this are that not only can 
15 the electronic circuitry be reduced in bulk so that it 

becomes portable, for example it can. be contained within a 
box of the order of 25 cm by 25 cm by 8 cm but also it 
can. be composed of readily available off-the-shelf 
components which substantially reduces the cost of the 
20 system* 

In a preferred system according to the present 
invention, the computations which are performed are as 
set out in the above referred to article- 

An embodiment of a system according to the 
25 present invention will now be described by way of example 
only with reference to the accompanying drawings, in 
which: - 

Figure 1 shows in block diagram terms a basic 
form of the system according to the present invention; 
30 and 

Figure 2 shows a flow chart of the operations 
being carried out by the system shown in Figure 1. 

As shown in Figure 1, the system comprises two 
noise cancelling microphones 1, 2 which may be conventional 
noise cancelling microphones such as those sold by Knowles 
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Electronics Inc. under the designation CF29%9. The 
output of each microphone is connected to a band pass 
filter 3, k which removes from the input signals 
frequencies outside the range 300Hz to between 5 and 8 
kHz. The signals then pass to A/D converters 5, 6 which 
sample the input signals at a frequency of for example 
lO kHz. It will be appreciated that the upper end of 
the frequency range of the band pass filters is 
determined in dependance on the sampling rate of the A/D 
converters to prevent aliasing. The outputs of the A/D 
converters are connected to a micro-processor 7 f for 
example an AMI S 28ll or NECu PD 7720. The micro- 
processor is programmed to implement for example the 
Vidrow-Hoff algorithm set out in the above mentioned 
15 article. 

The micro-processor 7 is represented as includ- 
ing a delay circuit 10 for delaying signals from the A/D 
converter ?» & weighting circuit 11 for weighting samples 
from the A/D converter 6, and a summing circuit 12 for 
summing the outputs from the delay circuit 10 and the 
weighting circuit and for providing a control signal which 
is used to adjust the weighting circuit 11* 

The micro-processor is programmed to receive 
the signal samples from the A/D converters either at the 
frequency of the A/D converters or at a lower frequency. 
The samples are stored in memories and progressively 
withdrawn from store. In respect of each signal sample 
from microphone 1, a group of samples, for example 32 , 
from microphone 2 are taken. Each sample is multiplied 
by a weighting factor and the weighted samples are summed, 
inverted and added to the sample from microphone 1 to 
produce an output signal sample. The weighting factors 
are varied, as set out in the article, in dependence on an 
error signal derived from the output signal sample so as 
to minimise the mean square of the output. 
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In the above described embodiment, only two 
microphones have been used, it will be appreciated that 
three or more such microphones can be used, of which 
only one receives speech, the outputs of the other 
microphones being used to cancel the noise in the signal 
from the one microphone* 

The output from the processor 7 may, as shown, 
be passed to D/A converter 8 and reconstruction filter 9 
or may for example be supplied to a conventional radio 
transmitter for onward transmission and eventual recon- 
struction as an audible signal* 

In a particular embodiment, for use by the pilot 
of an aircraft, the one microphone may be arranged 
adjacent the mouth of the user and the or each other 
microphone is mounted at the back of the head of the user 
or at some other part of the body of the user* In 
particular, the two microphones may be arranged on one 
boom arm, one microphone a few cm* apart from the other 30 
that in use, one microphone is adjacent the mouth and the 
other microphone adjacent the cheek of the user in which 
case the two microphones are spaced apart by some 3.5 cm. 

The above described arrangement which has two 
microphones in close proximity results in two signals 
being obtained where the noise components in both signals 
have a high correlation. 

Using the same standard method proposed by 
Widrow to process these two signals we have shown experi- 
mentally that there is a significant improvement in the 
system performance when the microphones are 3.5 cm apart 
as opposed to 15 cm. Several alternative methods of - 
processing the signals could be used* 

In general terms the apparatus carries out a 
method of processing a plurality of signals of which the 
first represents information plus noise and the or each 
other represents noise, so as to provide an output signal 
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having an increased information to noise ratio as 
compared with the ratio of the one signal, the method 
comprising sampling the signals at constant discreet 
intervals of time and processing the samples in batches 
5 of N s 2 n , where n is a whole number, the samples of 
each batch and corresponding batches being processed, 
wherein the samples of each batch are transformed using 
an N x N transformation matrix, the transformed samples 
from the or each other signal being used to compute 

lO signal samples representing the noise in the correspond- 
ing transformed signal sample of the first signal, which 
computed signal samples are subtracted from the 
corresponding transformed signal samples of the first 
signal, the resultant signal samples being then trans- 

15 formed using the inverse of the N x N transformation 
matrix to provide output sample signals having an 
increased information to noise ratio. 

Advantageously the transformed signal samples 
from the or each other signal are weighted using an 

20 adaptive weighting matrix which is adjusted in dependence 
on the output signal samples to reduce the mean square 
of the output* 

The N x N transformation matrix is advantageously- 
one in which; 




30 where a is a constant which may for example be unity and 
* is an N x N matrix with predominately zero 

entries. The transformation matrix may for example be 
the Fourier or Walsh or Hadamard transformation matrices 
which are ortho-normal. 

35 In the preferred system, the computations which 
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are performed are as follows: 

considering a system with M reference inputs 
f , f , . f , in addition to the first input f°. 
Consider that f£(j) represents the jth sample in the kth 
5 batch of the ith reference input, and that gk(j) 

represents the jth output of the kth batch. As previously 
mentioned in each batch there are N samples. 

In the following H represents the N x N trans- 
formation matrix, e.g. a Fourier or Walsh or Ha da mar d 

10 transformation matrix, and H" 1 represents the inverse of 
this transformation matrix. A is an adaptive array of 
coefficients or weights which are derived, as will appear, 
from the eventual output signal. A]J<l f p) is the array 
of coefficients for the kth batch of the mth input in 

15 which l,p vary between zero and N-i. Finally ^ is a 
constant which is selected in dependence on the rate of 
error correction required. 



20 



N" 1 ^ M N-l 



S 1 H 1 ' ® 

H« £»: ra ; 5 ± is h • *j on} - © 

N-l 

3Q In equation © J> H"* 1 £l,jj H*' 1 [i.j] is computed 
initially and stored as^ C"**^ * 

Additionally f F° [l] ^ F £ [pj . ^ (^.p]] 

35 is computed once for each of the N values of L for each 
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set of batches of samples from the M inputs. 

Advantageously, a dramatic improvement in the 
number of calculations which are required can be made in 
the algorithm for producing the adaptive array A by a 
5 Judicious choice of the transformation matrix H such that 

B D*' 1 ! f aI C^ $1 ] where a is a constant 
and 1 |d»lj is the N x N matrix with predominately 
zero entries. If I jj.lj ± B the identity matrix, 
then equation 2 becomes: 



10 



15 



In the foregoing , it has been assumed that there 
are M + 1 inputs to the system; considering a simplified 
system with two inputs f° and f 1 , equations 1 and 2 above 
ZO become 

25 and 

30 r=0 — ' 

The advantages which arise from using the above 
N x N transformation matrices, are that the matrices have 
a number of entries which are zero and can therefore be 
disregarded. Additionally where the information input is 
35 in the form of speech, it is found that only some of the 
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transformed signal samples are significant and those that 
are not can be set to zero. 

An explanation of how the processor 7 executes 
the Widrow algorithm mentioned above will now be given in 
relation to Figure 2 which shows a flow chart for the 
processor program. 

Let the sampling interval of the A/D converters 
5»6 represent the unit of time* 

Let dj f xj represent the value of the signal at 
the A/D converters 5i 6 of the primary and reference 



channels at the 



.th 



instant respectively. 



15 



20 



Let X( j) = 



Let W( j) 



15 Let a 




St ±nt f M+l > 



Where W( j) represents the 

weighting vector at the 
th 

j instance with component a 
w_ M (j) to w q ( j) 

Where int (x) represents 
the integer part of x 



Then the Widrow algorithm is defined by: 



30 



Where • represents the 
familiar vector dot product 



35 



W( j + l) =* W( j) + jxy JC( j) 



Where jx is a scaling 

constant that controls the 
rate of adaption u usually 
1/16 ' 



PVS KopiService 



- 11 - 



0084982 



10 



In the flow chart X<d) is stored in the array X 

W(j) « " « « ii v 

d o ,d l*** d ^int ( M + l v " " w ft « D 

1 2 ' 

The processor 7 has to have sufficient memory 
to store the following data:* 

(i) .M previous values and the current value 
of the reference channel; 

(ii) N previous values and the current value of 
the primary (speech) channel where N is the integer part 

of M + 1 j and 
2 / 

(iii) M + 1 values of the weighting function. 
On initially switching on the apparatus, the 

system is reset and the A/D and D/A converters are 

15 initialized. Also, the memory array locations set aside 
for the weighting function, the reference channel values 
and the primary channel values are set to arro. Once 
this has been done, the CPU of the processor sends out a 
signal to start the A/D converters 5 * 6 to convert the 

20 analogue signals from the microphones into digital signals* 
The contents of the memory locations for signax 
values, are then updated using the digital signals from 
the converter 6. Beginning with the location containing 
the oldest value of the reference signal the contents 

25 of the location containing the next oldest value of the 
reference signal are shifted into the first-sectioned 
location* This process is repeated until every location - 
containing reference signal samples have been updated 
except for the location containing the latest value 

30 obtained from the A/D converter 6. The process is then 
repeated for the primary (speech) channel values using 
other memory locations therefor. 

The contents of the location containing the 
oldest value of the primary (speech) channel is trans- 

35 f erred to a memory location labelled Z in the flow chart. 
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For each of the M + 1 values of the reference channel 
that we have stored, we multiply by a corresponding 
weighting factor that has been stored to produce a 
value 

5 b. . 2>M. « W W 

n = O and subtract this from the 

value stored in the location Z using the summing circuit 
12 to produce a resultant value Y which is the output to 

lO the D/A converter « 

The weights stored in the weighting circuit 11 
are then updated as a function of the value Y. The value 
of each weight is updated by adding to it the result 
obtained by multiplying the value in location Y by the 

15 corresponding primary (speech) channel value and by a 
scaling factor* 

The process is then repeated obtaining fresh 
digital samples of the analogue signal using the A/D 
converters 5 i 6 • 

20 Using the above arrangement and processing 

technique, all the hardware can be provided in a single 
self —contained unit to which the microphones may be 
attached and which has a single output from which 
relatively noise-free speech can be obtained* 
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CLAIMS : 



*• Communications apparatus comprising at least 

two microphones (l t 2) each having a good near field 
5 response and a poor far field response, one of which (l) 
is arranged to receive speech and the or each of the 
other microphones (2) is arranged relatively close to the 
one microphone but sufficiently spaced or arranged 
relative thereto that it receives no or substantially no 
10 speech, the outputs of the microphones being connected to 
circuitry (3-12) for producing an output signal having 
an enhanced speech to noise ratio* 

2 * Apparatus according to claim 1 wherein there 

15 are two microphones spaced apart by a distance of up to 
10 cm* 

3* Apparatus according to claim 1, wherein there 

are two microphones spaced apart by a distance of the 
20 order of 3.5 cm. 

Apparatus according to claim 3, wherein the 
two microphones are mounted on a boom arm. 

25 5» Apparatus according to claim 1, wherein the 

circuitry comprises means for processing (7) a plurality 
of signals of which the first represents information 
plus noise and the or each other represents noise* 

30 6 * Apparatus according to claim 5, and comprising 

means (5,6) for sampling the signals at constant discrete 
intervals of time and processing the samples in batches 
of N = 2 , where n is a whole number, the samples of each 
batch and corresponding batches being processed* 

35 - 
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7» Apparatus according to claim 6, wherein the 

samples of* each batch are transformed using an N x N 
transformation matrix, the transformed samples from the 
or each other signal being used to compute signal samples 
5 representing the noise in the corresponding transformed 
signal sample of the first signal* 

8. Apparatus according to claim 7, and comprising 

means (12) for subtracting computed signal samples from 
10 the corresponding transformed signal samples of the first 
signal, the resultant signal samples being then trans- 
formed using the inverse of the N x N transformation 
matrix to provide output sample signals. 

*5 9« Apparatus according to claim 7 or 8 , and 

comprising an adaptive weighting matrix (ll) for weighting 
"the transformed signal samples from the or each other 
signal, the weighting matrix (il) being adjustable in 
dependence on the output signal samples to reduce the 

20 means square of the output* 



lO. Apparatus according to claim 7, 8 or 9* wherein 

the N x N transformation matrix is one in which 

25 N - 1 . 

. o 8-1 [ i-J 3 H *~ 1 M = * 1 M 

where a is a constant and I [jilj is an N x N matrix 
with predominantly zero entries* 



30 



11 • Apparatus according to claim lO, wherein the 

transformation matrix is a selection of one of a group 
of matrices comprising the Fourier, Walsh, Hadamard or 
unitary transformation matrices* 
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